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Abstract

Classical Digital Sound Reconstruction (DSR) has been
shown to be able to reproduce audio signals with the help
of superimposed sound pulses. Still, this method has
never been proven to be useful considering commercial
applications. We start with the underlying idea of DSR
and propose a new method — Advanced Digital Sound Re-
construction (ADSR) — which paves the way for a sound
generation principle most effective in the lower frequency
range. Using a redirection mechanism as an addition
to classical DSR it is possible to achieve a completely
flat frequency response regarding the sound pressure in
a channel. This redirection unit uses shutter gates in
order to separate positive and negative sound pulses let-
ting only those pass, which contribute positively to the
desired reconstruction of the audio signal. Compared
to the well-known linear scaling of the sound pressure
with the frequency, this concept offers exceptional per-
formance for the low- to mid-frequency range — in the
region where classical excitation schemes tend to strug-
gle. Starting with the basic concept a concise framework
of this method will be presented. This includes analyti-
cal investigations as well as numerical and experimental
verification.

Introduction

Digital Sound Reconstrucion (DSR) is a concept that
aims to improve the sound pressure level (SPL) especially
for small devices like smartphones. Although traditional
Micro-Electro-Mechanical Systems (MEMS) speakers are
able to create enough sound pressure in the mid- to high-
frequency range for such devices, below 1kHz no suffi-
cient sound pressure can be generated. The idea behind
DSR is to increase the sound pressure by overlapping in-
dividual sound pulses to generate a signal similar to the
function of an digital-to-analog-converter (DAC) known
from electronics. By overlapping short pulses — which in-
herently create a large sound pressure due to their higher
frequency content — the audio signal can be successfully
reconstructed [1]. From this point on, more focus was
laid upon developing digital loudspeaker arrays in order
to incorporate the basic idea of DSR [2, 3, 4]. Although
it is possible to recreate the signal in general, no major
breakthrough in the aduio industry regarding an alterna-
tive to the classical analog mode has been recorded. It
can be shown that — under certain circumstances — the
underlying concept is not able to increase the achievable
sound pressure and the only possibility to achieve better
results with DSR is to alter the speaker characteristics
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favouribly. It has to be noted that other possible recon-
struction techniques using modulation have been investi-
gated as well, however, the main problem of not having a
superiour reconstruction technique stayed the same [5].
In this work a new method called Advanced Digital
Sound Reconstruction (ADSR) is discussed. With this
concept it is possible to overcome the limitations of stan-
dard DSR by introducing a redirection process via a shut-
ter device. This unit is able to generate an overall higher
SPL, thus creating a new alternative to classical analog
speakers which is ideally suited for a MEMS application
due to its inherent properties. Combined with a new ac-
tuator this method paves the way for a new generation of
loudspeakers capable of producing a high sound pressure
especially at low frequencies.

Digital Sound Reconstruction

The basic idea of DSR is to overlap sound pulses to gener-
ate a desired sound pressure signal. The amplitude of the
sound pulses corresponds to the actual value of the signal
which should be generated, much like the classic princi-
ple of discretization. The discretized sound pressure is
then assigned to the corresponding number of individual
speaker cells, so called speaklets [1, 6]. A visualization of
this process can be seen in Fig. 1.
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Figure 1: Visualization of the general idea.

It is important to note that each speaklet is either excited
or not excited, but there is no variation of the amplitude
of the excitation pulse, thus requiring some sort of array.
Ideally this analog excitation pulse would give us an ideal
positive or negative sound pulse as depicted in Fig. 1.
Since this cannot be achieved with a classical actuator,
ADSR was developed.
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Advanced Digital Sound Reconstruction

The main idea to overcome the disadvantages of classical
DSR is to redirect the unwanted sound waves at the scale
of a single speaklet. In order to achieve this, the classical
speaklet can be equipped with a shutter which manipu-
lates the geometry in a favourable way. This combines
the basic idea of DSR from the acoustic side with a redi-
rection through a shutter mechanism which is only used
in e.g. optics and can be seen as one way to realize a
unit which we denote as an acoustic pump. Looking at
the example of the positive half-period of a sine wave,
the following operation mechanism can be observed:

e Opening the front- and closing the side-shutters.

e Exciting the membrane with a purely positive veloc-
ity signal and leaving the membrane at an elevated

level, until the shutter position has been altered.
Closing the front- and opening the side-shutters.

Releasing the membrane back to its equilibrium
state, which results in a negative sound peak, which
is now redirected to the side and damped out.

After returning to the equilibrium state, the process
is started over again.

The described process now combines the advantage of
generating a purely positive sound pulse by eliminat-
ing the problems of classical DSR by redirecting the un-
wanted part of the sound pulse. This procedure can be
carried out with an exemplary device shown in Fig. 2.
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Figure 2: Exemplary actuator.

This device is the smallest unit which can be used to con-
struct an array to be actually able to generate a music sig-
nal and will therefore be denoted as unit cell (UC). Con-
sidering the previously stated generalized solution it can
be seen that, with the help of multiple speaklets equipped
with shutter gates, it is possible to provide a continuous
stream of pulses which corresponds to the basic principle
of an acoustic pump and will be called a unit cell cluster
(UCCQC). It has to be noted that we can either use a real
DSR approach where we have an array of UCCs which
are driven digitally, or, we can go back to a setting where
we allow a variable amplitude of the pulses for a UCC,
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thus requiring only one such unit. Here, we have used
the latter option for easier understanding.

Optimization

In order to evaluate the ideal excitation sequence as well
as the optimal excitation signal a discrete iterative op-
timization process has been used, where the constrained
optimization problem

) A-xz<b
min 3 IC-x— d||§ such that § Aeq - € = beq
lb S xr S Up.

(1)

is solved. For example considering the optimization of
the excitation signal in a global sense (the shape of the
excitation signal stays constant and only the amplitude
is varied), the Fourier-ansatz

o it omit
Gexc(t) = co + l:zl a; COS(TDig) + b; sin(TDig). (2)

can be used. The signal gex.(t) represents the excitation
signal, Ny the number of harmonics, Tp;g the length of a
purely positive or negative sound pulse and a;, b; and cg
the Fourier-coefficients. Using a sinusiodal excitation se-
quence for a sinusiodal target signal results in the ansatz
functions for the excitation signal for the whole target
signal regarding the cosine-terms

N+1

1) = | X2 sn( ) eos () (96— 1)~
H((j +1)Toig)) | (H(0) = H(Taudio)) (3)

as well as

1) = ]ii sin( 22 ) sin( 225 ) (B = 1)Thie) -

H((] + 1)TDig)) (H(O) - H(Taudi0)> (4>

for the sine-terms with N as the number of discrete points
approximating the target signal and T7;, the overall pe-
riod of the pulse. The value T,uqio denotes the period
of the sinusiodal target frequency and H the Heaviside-
function. For discrete values of a sinusoidal target signal
stored in the target vector d as well as the ansatz given
in (3) and (4) the system matrix C can be set up in order
to solve for the design vector @ of the form

[bo (5)

The equality constraint matrix Aeq, the equality con-
straint vector beq, the inequality constraint matrix A,
the inequality constraint vector b as well as the upper
and lower bounds u;, and [l respectively can be used to
control the behaviour of the target signal. By setting

iL‘T = bNH

== ap (INH] .



these constraints appropriately e.g. the start- and end-
point or the integral value of the excitation signal can
be controlled. The results of the optimization regarding
the excitation sequence have shown that for a given ex-
citation signal the ideal sequence for a sinusiodal target
signal is again a sinusiodal, although a certain phase-
shift might arise. For the ideal excitation signal one has
to differentiate between the globally ideal excitation sig-
nal, where every pulse has a similar shape and only the
amplitude is varied, or the case where every excitation
signal is optimized with respect to the current section of
the target signal. For the globally ideal excitation sig-
nal it has been found, that a triangular shape is ideal in
terms of a high-frequency approximation. It has to be
noted that, when dealing with a certain frequency band
(e.g. 16 Hz to 16 kHz), the excitation signal leaves room
for a minimal amount of fine tuning.

Analytical investigation

We define the time delay between two consecutive pulses
as Tpelay. Furtermore we can define an overlap factor
05 = Tpig/TDelay and a pause ratio p, = Tf;ig/TDig. By
assuming oy = p, = 2 symmetry regarding the pulse
widths is ensured which has been deemed as the most
practical case. Additionally it enables us to derive a
simple expression for the sound pressure amplitude pd
obtained with ADSR, which can be stated as

~d Po COoSmax

= Car 6
& ATy T (6)
for a channel as well as
~d pOSmaxfaudioA
— P)-max/ancio 7
pa,far 2TDigZ ( )

for the free field, where the latter one has been derived
with the help of the Rayleigh integral. Hence, this is only
valid for a large enough distance z between the array and
the microphone. In these equations pg denotes the mean
density of air, ¢y the speed of sound, sp.x the maximum
overall mechanical displacement and A the active area
of the array. The factor Ca,es takes the difference be-
tween the active area of the array and the actual area of
the channel into account. If a non-pistophone like move-
ment is prescribed, the displacement distribution has to
be taken into consideration accordingly. For both cases

a gain with respect to the analog mode can be calculated
by "

Ar’ (8)
where n denotes the number of excitation pulses per tar-
get signal period. It has to be noted that although the
gain is derived using the globally optimal excitation sig-
nal, multiple excitation signals have been tested where
this relationship still gives a very good approximation.
Based on this derivation it can be clearly seen that we
get a completely flat frequency response for a channel
setup and only a linear scaling with the target frequency
faudio for the free field, which can also be seen in Fig. 3.
Hence, for both cases a gain of 20 dB per decade can be
obtained.
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Figure 3: Comparison of the scaling laws for ADSR and
the analog mode in a channel as well as the free field for an
exemplary case.

Numerical computations

In the following, multiple acoustic simulations are pre-
sented in order to demonstrate the enormous benefit of
ADSR in comparison to the analog mode. Therefore, we
solve the weak form of the acoustic wave equation in the
domain 2 in the potential formulation given by
! !/ !/ au
/1/1 dQ+/V¢-V¢adQ:/w—~ndF.
Q Q r, Ot
9)
Here, 1, denotes the acoustic potential, 1)’ the test func-
tion, du /0t the prescribed velocity at the boundary I',,
and n the corresponding normal vector. The computa-
tional setup seen in Fig. 4 is excited on one end by four
equally large pistophones (speaklets) which correspond

to the excitation area I';, and terminated with a perfectly
matched layer on the other side. Regarding the excita-
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Figure 4: Sketch of the channel used for the acoustic simu-
lations. The red dot marks the used microphone position for
the evaluation (evaluation in the sweet spot).

tion for ADSR we assumed that only the desired posi-
tive or negative pulse is transmitted and therefore used
for the prescribed velocity, which would require a per-
fect shutter mechanism. Furhtermore, it has to be noted
that all simulations are matched regarding the maximum
displacement of the individual cells in order to get com-
pareable results. For the following simulations the pa-
rameters smax = 600nm as well as Tpjz = 62.5ps have
been used. In order to investigate the derived scaling
laws the analog mode as well as ADSR in combination
with the globally ideal excitation signal have been com-
pared for two frequncies, as seen in Fig. 5. Evidently,
ADSR outperforms the classical analog mode amplitude
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Figure 5: Comparison of ADSR and the analog mode for
the frequencies 1kHz and 500 Hz.

wise, but also the signal quality itself — in terms of Total
Harmonic Distortion (THD) — is excellent. For the 1kHz
example the audible THD (16 Hz to 16 kHz) is 6.52 ppm,
whereas the overall THD is 0.15 %. Regarding the 500 Hz
example the THD is even lower, ranging from 2.82 ppm
for the audible THD and 0.04 % for the overall THD.
This clearly shows that if Th;e is small enough, virtually
no additional THD is induced in the audible range.

Measurements

In order to verify the principle of ADSR multiple mea-
surement setups have been built, but only the most basic
one will be presented. We present a single, macroscopic
unit cell built based on a rotating shutter where we 3D-
printed the shutter parts. A rotating core comprising the
loudspeaker (Visaton FRWS 5 8 Ohm, broad band, 4W)
as well as the rotating shutter part is driven by a step-
per motor, where the rotating shutter part of the core is
connected to the fixed shutter part in a casing, which is
further connected to a measurement-channel, see Fig. 6.
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Figure 6: Sketch of the experimental setup for the proof of
concept.

Using a smoothstep function for the excitation signal
combined with the shutter mechanism has shown, that
indeed a pureley positive or negative sound pulse can
be achieved, see Fig. 7. In a further experiment, four
unit cells have been combined in order to reconstruct a
sinusiodal target signal, which has also been successful,
although the real foundation is still the proof of concept
for the operating principle of a single unit cell.

Conclusion

A new excitation concept for loudspeakers — called Ad-
vanced Digital Sound Reconstruction — was presented,

618

Excitation signal
Shifted sound pressure

O Reflections from
the end of the tube
(porous absorber)

30

. 1 L . .
10 20 30 40 50
Time in ms

L L
-10 0 60

Figure 7: Proof of concept for the macroscopic unit cell
based on a rotary shutter.

which aims at a large performance gain regarding the
achievable sound pressure in the low- to mid-frequency
range especially for MEMS devices. Based on a redirec-
tion mechanism, a purely positive or negative sound pulse
can be generated in a channel. This pulse is used to dis-
cretely approximate the desired audio signal in the sense
of classical Digital Sound Reconstruction. Moreover, an
optimization procedure was presented which has shown,
that a triangular shape is ideal for a globally uniform
excitation signal. Furthermore, we have presented ana-
lytical investigations which have been supported with nu-
merical simulations as well as measurement setups. The
provided framework demonstrates the enormous poten-
tial of ADSR: Regarding the sound pressure a completely
flat frequency response in a channel and only a linear scal-
ing with the frequency in the free field can be achieved.
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